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(57) A tumer for digital terrestrial television (DVB-T, 
employing COFDM modulation), has an input section 
(2-15) which supplies a sample Intemiedlate signal, for 
example at zero intermediate frequency and digitised by 
an ADC (12), corresponding to a desired reception 
channel corrupted by interference such as impulsive 
noise interference. A threshold generator (16) gener- 



ates a threshold which is larger than fiyDoyijog ©yerage 
of the amplitudes of consecutive samples and a compa- 
rator (1 7) compares the amplitudes of the samples with 
the threshold. If a sample amplitude exceeds the thresh- 
old, a corrector (18) sets to zero the sample before 
processing by a fast Fourier transform (1 9). The thresh- 
old generator (16) excludes samples which have been 
set to zero from the moving average. 
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Description 

[0001] The present invention relates to a tuner. Such 
a tuner may, for example, be used for receiving televi- 
sion signals and may form part of a set-top box, a tele- 
vision receiver or a video cassette recorder 
[0002] The DVB-T (Digital Video Broadcasting - Ter- 
restrial) standard for DTT (Digital Terrestrial Television) 
employs Coded Orthogonal Frequency Division Multi- 
plexing (COFDiVI) as the modulation scheme for trans- 
mission of the digital bit-stream, implementation of the 
modulators and demodulators in this system is accom- 
plished using the Inverse Fast Fourier Transform (IFFT) 
algorithm to generate the time domain signal from the 
complex frequency domain representation at the trans- 
mitter and the Fast Fourier Transform (FFT) to recover 
the complex constellation of data points at the receiver. 
These operations apply to separate COFDiVI "symbols" 
of a length in time equal to the reciprocal of the individual 
carrier spacing. Thus, each symbol corresponds to a 
constellation of points in the complex plane, i.e. each 
carrier has fixed amplitude and phase for the duration 
of a symbol. 

[0003] Impulse noise may occur via switching tran- 
sients of nearby appliances, such as fridges and power 
tools. An important marketing point of DTT is the ease 
of installation, allowing the consumer to set the system 
up alone. This unfortunately makes it likely that, in many 
case, a far from ideal installation will be achieved, in- 
creasing the likelihood of poor interference protection. 
[0004] If impulse noise occurs superimposed on the 
received radio frequency (RF) signal atthe antenna, this 
will appear at the input to the FFT as the impulse re- 
sponse of the intervening tuner/receiver components. 
The Impulse energy in band will typically have a wide 
band sinc-type envelope and will flood the received data 
spectrum, causing many errors in one transmitted 
COFDM symbol. Once the spectrum after the FFT is 
corrupted, correction is not possible and It is the nature 
of the COFDM modulation scheme that makes it vulner- 
able to impulse noise. However, digitisation of the 
COFDM signal at intermediate frequency (IF) by an an- 
alogue/digital converter (ADC) tends to suppress im- 
pulse noise in conventional tuner designs. These will 
suppress unwanted channels in the analogue domain 
prior to the ADC. Hence the whole dynamic range of the 
ADC Witt be filled with the unwanted channel signal. High 
level impulsive noise will be clipped at the ADC, assum- 
ing that the receiver AGO loop does not "capture" the 
impulse level and adjust the gain. This is very unlikely 
as the impulse will by definition be a short pulse, of the 
order of nanoseconds in length. 

[0005] There is a desire to increase processing in the 
Digital domain, thus shifting the tight specifications to 
the ADC. In such systems. It Is probable that any adja- 
cent channel unwanted energy will be digitised by the 
ADC along with the desired channel. In this case, if the 
adjacent channel is at a higher level (for example In the 



UK where it may be -i-35dB relative to the wanted DVB- 
T channel), only part of the ADC dynamic range will be 
occupied by the wanted signal, allowing a much higher 
level impulse through to the FFT. This wiii in turn trans- 
5 late to much higher level interference across the wanted 
spectrum of COFDM carriers, causing extremely high 
error rates for the symbol in which the impulse occurred. 
[0006] Figure 1 of the accompanying drawings shows 
typical conditions for such a direct tuner system recelv- 
10 ing a wanted signal at 35dB below an adjacent channel 
(a PAL Analogue TV channel). This drawing illustrates 
the three components of the signal at the ADC input, 
namely the adjacent channel PAL signal, the desired 
COFDM signal (illustrated in '"white" superimposed on 
IS the PAL signal) and the noise Impulse. If an Impulse oc- 
curs at an amplitude +50dB relative to the PAL peak am- 
plitude and is then clipped to that same amplitude, the 
received complex constellation after FFT will show a bit 
error rate (BER) prior to any Viterbi decoding of the order 
of 40% (for Quasi Error free transmission, this value 
should be less than 1%). Such an increase in BER will 
not cause problems with receiver lock, as long as the 
impulse occurs infrequently. However, it is possible that 
visible distortion will occur on the picture, depending on 
the programme being viewed and the MPEG-2 decoder 
chip. If impulsive noise corrupts consecutive symbols, 
the problem will become more severe. 
[0007] EP 0 597 525 discloses a noise suppression 
arrangement for frequency modulation (FM) receivers. 
A noise detection arrangement passes signals above a 
threshold, which signals are assumed to be noise, to a 
holding circuit which holds the immediately preceding 
signal level to perfomn a crude interpolation to replace 
the noise. 

[0008] S&nllarly, US 5 261 004 discloses a noise 
blanking arrangement in which the signal level is held 
when noise is detected, in order to detect noise, various 
signals are compared with filtered examples of the sig- 
nal. 

[0009] EP 0 651 521 discloses a noise detection ar- 
rangement for use In radio telephony. Noise Is detected 
by means of filtering with two different time constants. 
[0010] According to a first aspect of the invention, 
there is provided a tuner comprising an input section for 
converting a radio frequency signal to a sampled inter- 
mediate signal, a threshold generator for generating a 
threshold as a function of an average of the amplitudes 
of a plurality of samples of the intennediate signal, a 
comparator for comparing the amplitude of each of the 
samples with the threshold, and a corrector responsive 
to the comparator for setting to zero each of the samples 
whose amplitude is greater than the threshold, the 
threshold generator excluding from the average any 
sample whose amplitude exceeds the threshold. 
[0011] The corrector may be arranged to set to zero 
n consecutive samples after each sample whose ampli- 
tude is greater than the threshold, where n is a positive 
integer, n may be a function of the impulse response of 
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the Input section. 

[0012] The corrector may be arranged to set to zero 
m consecutive samples before each sample whose am- 
plitude is greater than the threshold, where m is a pos- 
itive Integer, m may be a function of the Impulse re- 
sponse of the input section. 
[0013] The average may be a moving average. 
[001 4] The threshold may be greater than the product 
of the average and the peak-to-average ratio of the In- 
termediate signal. 

[0015] The threshold may be greaterthan three times 
the average. The threshold may be substantially equal 
to 5.3 times the average. 

[0016] The samples may have a sample rate of 
9.1 43MHz. n may be greaterthan 1 and less than 5. The 
moving average may be over a window^ of substantially 
1000 consecutive samples. 

[0017] The input section may comprise a zero Inter- 
mediate frequency converter. 

[0018] The input section may supply the samples at 
in-phase and quadrature outputs. 
[001 9] The input section may comprise an analogue/ 
digital converter for forming the samples as digital sam- 
ples. 

[0020] The tuner may be provided for receiving 
COFDM signals. 

[0021] The tuner may comprise a fast Fourier trans- 
former for processing samples from the corrector. 
[0022] The tuner may be provided for receiving tele- 
vision signals. 

[0023] According to further aspects of the invention, 
there are provided a set-top box, a television receiver 
and a television signal recorder, each comprising a tuner 
according to the first aspect of the invention. 
[0024] It is thus possible to provide a tuner whose per- 
formance is substantially Improved under impulsive 
noise conditions. In the case of digital television signals, 
bit error rate performance can be substantially improved 
so that picture interference is reduced. These tech- 
niques are particularly useful for modulation schemes 
which make use of a fast Fourier transfomri algorithm in 
the tuner, for example to extract the complex value of 
each carrier in a COFDM scheme. 
[0025] The Invention will be further described, by way 
of example, with reference to the accompanying draw- 
ings, in which: 

Figure 1 is a wavefonn diagram illustrating an Im- 
pulse-con^pted digital television signal and a high 
level adjacent channel PAL analogue signal; 

Figure 2 Is a block circuit ^and functional diagram 
illustrating a turier constituting an embodiment of 
the Invention; and 

Figure 3 illustrates diagrammatically the effect of 
impulsive noise interference and the Improvement 
' In performance which may be achieved by the tuner 



4 

of Figure 2. 

[0026] The COFDM television tuner shown In Rgure 
2 is connected to an aerial input 1 and comprises an 

5 Input automatic gain control (AGC) amplifier 2 whose 
output is connected to mixers 3 and 4. The mixers 3 and 
4 fonn part of a zero intermediate frequency (ZIF) fre- 
quency converterfor converting the Input signals direct- 
ly to baseband signals. A local oscillators supplies local 

10 oscillator signals to the mixers 3 and 4 which are in 
phase quadrature with respect to each other so that the 
mixer 3 produces an In-phase signal I and the mixer 4 
produces a quadrature phase signal Q. The outputs of 
the mixers 3 and 4 are supplied via buffer amplifiers 6 

IS and 7, respectively, to low pass filters 8 and 9, respec- 
tively, which attenuate or eliminate energy outside the 
zero intermediate frequency bandwidth. The outputs of 
the filters 8 and 9 are supplied via further buffer ampli- 
fiers 1 0 and 1 1 , respectively, to an analogue/digital con- 

20 vert6r{ADC) 12. 

[0027] The parts 2 to 11 of the tuner represent an an- 
alogue section whose quadrature output signals are 
converted by the ADC 12 to the digital domain. The re- 
maining parts of the tuner operate In the digital domain 

25 and are illustrated as functional blocks in Figure 2 al- 
though they would normally be embodied by dedicated 
digital hardware or possibly by a programmable data 
processor under software control. 
[0028] The outputs of the AD CI 2 are supplied via dig- 

so ital low pass filters 13 and 1 4 to an automatic frequency 
control (AFC) circuit 15, which centres the signals ex- 
actly around GHz, 

[0029] The digitised samples of the I and Q signals 
fomned by the ADC 12, filtered by the filters 13 and 14 

35 and centred on GHz by the circuit 1 5 are supplied to the 
Inputs of a threshold generator 1 6, a comparator 1 7 and 
a corrector 1 8. In a typical example of the tuner shown 
in Figure 2, the ADC 12 samples the incoming signals 
at a sample rate of 9.1 43MHz. The threshold generator 

40 16 forms a moving average of a number of consecutive 
samples of each of the I and Q signals. In the specific 
example mentioned above, the moving window covers 
about 10G0 consecutive samples. 
[0030] In order to generate a threshold which Is capa- 
ble of discriminating impulsive noise signals, the thresh- 
old generator 16 makes use of the known peak-to-mean 
ratio of COFDM signals, which is about 9.5 decibels (dB) 
(a ratio of about 3:1). In order to avoid false triggering, 
the threshold generator 16 sets the threshold higher 

so than this, for example by 3dB or even by as much as 
5dB, so that the threshold supplied to the comparator 

17 by the generator 16 is, for example, substantially 
equal to 5.3 times the moving window average of the 
amplitudes of the samples. 

ss [0031] The comparator 17 compares each of the I and 
Q samples with the threshold and signals the corrector 

1 8 whenever the amplitude of a sample exceeds the cur- 
rent value of the threshold. In response to such signal- 
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ling, the corrector 1 8 sets the value of the sample to 0. 
The corrector 1 8 also sets to 0 the values of one or more 
samples whose values are below the current value of 
the threshold and which are immediately before and/or 
after the sample or samples having values exceeding 
the threshold, in particular, the noise impulse is spread 
by the impulse response of the section of the tuner up- 
stream of the corrector 1 8 and the number of consecu- 
tive samples which are set to zero or blanked is deter- 
mined in accordance with the impulse response so as 
to remove as much Impulsive noise energy as possible 
from the signal supplied to each of the outputs of the 
corrector 18. For the specific example mentioned 
above, It has been found that the number of consecutive 
samples which could be set to 0 or blanked is typically 
0 or1 sample before and from 3 to 5 samples after the 
sample or consecutive samples whose values exceed 
the threshold. However, the impulse response of the up- 
stream section can be calculated, measured or simulat- 
ed for any particular arrangement and this may be used 
to establish the number of consecutive samples which 
will be unavoidably corrupted by impulsive noise and 
which should therefore be blanked. 
[0032] If the tuner Input sectlb^t has an excessively 
long impulse response, for example corresponding to 
1 0 or more samples, it is possible that the effects of such 
Impulsive noise cannot be corrected satisfactorily be- 
cause blanking 10 or more consecutive samples may 
introduce an unacceptably large number of errors. In 
such a case, the impulse response of the tuner, partic- 
ularly the analogue low pass filters 8 and 9 and the dig- 
ital low pass filters 13 and 14 should be Improved In or- 
der to achieve satisfactory perfomiance. 
[0033] The corrector 18 supplies a signal to the 
threshold generator 16 indicating which samples have 
been blanked. The threshold generator 16 then pre- 
vents such samples from being used in the process of 
generating the average on which the threshold Is based. 
[0034] The 1 and Q outputs of the corrector 1 8 are sup- 
plied to the inputs of a fast Fourier transfonn 19 which 
converts the time-domain digitised sampledslgnal to the 
complex frequency domain. The output of the transform 
1 9 is then passed to a block 20 for further processing, 
such as demodulation and decoding in order to supply 
Image signals suitable for display by a television receiv- 
er or for recording by a video cassette recorder. 
[0035] Figure 3 illustrates the time-domain input sig- 
nals to the transform 1 9 antJ the resulting frequency-do- 
main constellation at the output of the transform 19 for 
a "clean" signal without interference, for an unconnected 
signal suffering impulsive Interference, and for a correct- 
ed signal in accordance with the noise correction or re- 
duction described hereinbefore) and illustrated in Figure 
2. The corresponding bit error rates are also Indicated. 
The clean signal Is assumed to have a signai-to-signai 
noise ratio (SNR) of 35 dB. Such a signal produces a 0 
BER. 

[0036] The corrupted signal is corrupted by an im- 



pulse with an amplitude of SOdB and a duration of 5 na- 
noseconds. The resulting constellation at the output of 
the transform 1 9 is very seriously conupted and results 
in a BER of 45%. 

5 [0037] The Impulse correction technique described 
hereinbefore provides a constellation at the output of the 
transform 1 9 which much more closely resembles the 
actual constellation of the clean signal. In his case, the 
BER is 2.5% which, although not corresponding to quasi 

io error free reception, represents a substantial improve- 
ment and permits acceptable television pictures to be 
displayed with relatively unobtrusive interference arte- 
facts. 

[0038] The use of this technique is very advantageous 
15 If more than one COFDM symbol is affected. Without 
correction, It is likely that the picture displayed on the 
television screen would quickly become unvlewable or 
completely lost. With correction, although quasi error 
free reception might not be possible, there should not 
be an interruption in viewing. Instead, there may be 
some noticeable but tolerable picture interference. 
[0039] Although this technique has been described in 
detail with respect to a COFDM modulation scheme for 
digital television signals In the context of a zero Interme- 
diate frequency conversion technique, it may be applied 
to other types of systems where Impulsive noise inter- 
ference is problematic. The technique Is partlculariy 
useful for tuners where a large amount of the signal 
processing is performed In the digital domain and where 
there is relatively less frequency domain filtering before 
the analogue/digital conversion. In particular, this tech- 
nique allows such tuners to be provided with an ade- 
quate perfonnance and thus reduces the requirements 
for filtering in the analogue domain. This in turn eases 
the design of "on-chip" analogue filters. The technique 
is particularly useful for any demodulation scheme em- 
ploying the FFT and possible other applications include 
digital audio broadcasting (DAB) and any system using 
a form of OFDM modulation. 



Claims 

1 . A tuner comprising an input section (2-1 5) for con- 
verting a radio frequency signal to a sampled Inter- 
mediate signal, characterised by a threshold gen- 
erator (1 6) for generating a threshold as a first func- 
tion of an average of the amplitudes of a plurality of 
samples of the intermediate signal, a comparator 
(17) for . comparing the amplitude of each of the 
samples with the threshold, and a corrector (1 8) re- 
sponsive to the comparator (17) for setting to zero 
each of the samples whose amplitude is greater 
than the threshold, the threshold generator (1 6) ex- 
cluding from the average any sample whose ampli- 
tude exceeds the threshold. 

2. A^tuner as claimed In claim 1 , characterised In that 
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the corrector (1 8) is arranged to set to zero n con- 
secutive samples after each sample whose ampli- 
tude Is greater than the threshold, where n is a pos- 
itive integer. 

5 

3. A tuner as claimed in claim 1 or 2, characterised 
in that the corrector (1 8) is arranged to set to zero 
m consecuthfe sannples before each sample whose 
amplitude is greater than the threshold, where m is 

a positive integer io 

4. A tuner as claimed in any one of the preceding 
claims, characterised In that the average Is a mov- 
ing average. 

15 

5. A tuner as claimed In any one of the preceding 
claims, characterised In that the threshold is 
greater than the product of the average and the 
peak-to-average ratio of the Intemiediate signal. 

20 

6. A tuner as claimed in any one of the preceding 
claims, characterised in that the threshold is 
greater than three times the average. 

7. A tuner as claimed in any one of the preceding 25 
claims, characterised In that the input section 
(2-15) comprises a zero Intemiediate frequency 
converter (3-5). 

8. A tuner as claimed in any one of the preceding so 
claims, characterised In that the input section 
(2-15) supplies, the samples at In-phase and quad- 
rature outpute. 

9. A tuner as claimed in any one of the preceding 3S 
claims, characterised In that the input section 
(2-15) comprises an analogue/digital converter (12) 

for fomning the samples as digital samples. 

10. A tuner as claimed in any one of the preceding 40 
claims, characterised by a COFDI^ demodulator 
(20). 

11. A tuner as claimed in any one of the preceding 
claims, characterised by a fast Fourier transformer '*s 
(19) for processing samples from the corrector (1 8) . 

12. A set top box characterised by a tuner (2-20) as 
claimed in any one of the preceding claims. 

so 

13. A television receiver characterised by a tuner 
(2-20) as claimed in any one of the preceding 
claims. 

1 4. Atelevision signal recorder characterised by a tun- S5 
er (2-20) as claimed, in any one of the preceding 
claims. 
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